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ABSTRACT 


In order to automatically tune a single-sideband (SSB) 
Melo receive: tO tie cammier frequency of a volce-modulated, 
sSuppressed-carrier, single-sideband radio signal, the differ- 
ence between the frequency of the suppressed Saeuien and the 
frequency of the local oscillator in the receiver must be 
determined. A circuit which generates a sinusoidal voltage 
of the same frequency as the tuning error is examined analyt- 
ically and experimentally. The design of the circuit is 
based on the principle that vowel sounds in human speech are 
Pewicocic. The Meputs to the circuit are the audio output of 
the SS8 receiver for which the tuning error is desired and 
the audio output of an envelope detector which amplitude 
democulates the SSB radio signal. The envelope detector 
preovices a reference signal which is a harmonic of the 
fundamental meculating frequency of the SSB radio signal. 
This reference signal and the SSB receiver audio are non- 
linear processed to generate the error voltage. Receiver 
tunings errors as small as 0.1 Hertz were measured using this 


CHmeeuit. 





a. 


io 


ey. 


TABLE OF CONTENTS 


INTRODUCTION --------------- 9-9 oe 6 
ANALYSIS OF THE EXPERIMENTAL SYSTEM ---------- 10 
A. SINGLE-SIDEBAND MODULATION AND 
DEMODULATION ----------------------------- alg 
1. Modulation --------------------------- 12 
2. Demodulation ------------------------- ike 
B. DETERMINATION OF RECEIVER TUNING ERROR --- 4 
C. EXTENSION Or THE SIMPLE VOWEL MODEL ------ dhe) 
EXPERIMENTAL RESULTS ------------------------- Ay 
A. TWO-TONE MESSAGE FUNCTION ---------------- iy 
B. SUSTAINED VOWEL SOUND -------------------- 20 
OMT OY a 22 
EXPERIMENTAL APPARATUS ----------------------- 24 
A. THE ERROR SIGNAL GENERATOR --------------- 24 
1. The Bandpass Filters ----------------- a4 
2. The Voltage Multiplier --------------- AD 
3. The Lowpass Filter ------------------- 20 
B. THE SSB MODULATOR ------------------------ 20 
C. THE PRODUCT DETECTOR --------------------- 26 
D. THE ENVELOPE DETECTOR -------------------- 26 
E. OTHER EQUIPMENT -------------------------- ai 
CONCLUSIONS AND RECOMMENDATIONS -------------- 28 
A. CONCLUSIONS ------------------------------ 28 
B. RECOMMENDATIONS FOR FURTEER STUDY -------- 9 


PrieeOEX A. BERIVATION OF THE EXPRESSION FOR THE 


ENVELOPE OF THE TRANSMITTED FUNCTION --- 30 





APPENDIX B. DETERMINATION OF THE ABSOLUTE VALUE 


OF cOS X -------------------------------+ 32 
APPENDIX C. SYNTHESIS OF THE BANDPASS FILTERS ------ 33 
APPENDIX D. SYNTHESIS OF THE LOWPASS FILTER -------- 38 
LIST OF REFERENCES --------------------------------- oO 
at ieee TONES. <<—--—--—----------- 47 
FORM DD 1473 --------------------------------------- yo 





DiswaeOr PIGURES 


BLOCK DIAGRAM OF THE EXPERIMENTAL SYSTEM --------- 


VOLTAGE WAVEFORMS OF m(t) AND r(t) 
FOR TWO-TONE MESSAGE FUNCTION -------------------- 


VOLTAGE WAVEFORMS OF p(t) AND n(t) FOR 
FOR TWO-TONE MESSAGE FUNCTION -------------------- 


VOLTAGE WAVEFORMS OF p(t) and n, (t) 
FOR TWO-TONE MESSAGE FUNCTION --=----------------- 


VOLTAGE WAVEFORM OF e(t) FOR TWO-TONE 
MESSAGE FUNCTION --------------------------------- 


VOLTAGE WAVEFORMS OF m(t) AND r(t) 
Aen “Stem@emmen VOWEL SOUND ------------------------ 


VOLTAGE WAVEFORMS OF p(t) AND n(t) 
FOR SUSTAINED VOWEL SOUND ------------------------ 


VOLTAGE WAVEFORHS OF p,(t)- AND n,(t) 
FOR SUSTAINED VOWEL SOUND ------------------------ 


VOLTAGE WAVEFORM OF e(t) FOR 
SUSTAINED VOWEL SOUND ---------------------------- 


VOLTAGE WAVEFORM OF n, (t) HOR CREECH <j22eee—— =. 22— 
BLOCX DIAGRAM’OF THE ERROR SIGNAL GENERATOR ------ 
THE TWO-TONE GENERATOR --------------------------- 


Circe DIAGCKAM Or SECTION ONE OF THE 
BANDPASS FILTER ---------------------------------- 


CIRCUIT DIAGRAM OF THE BIQUADRATIC SECTION ------- 
MAGNITUDE PLOT OF H(f) FOR THE BANDPASS FILTER --- 
CIRCUIT DIAGRAM OF THE LOWPASS FILTER ------------ 


MAGNITUDE PLOT OF H(f) FOR THE LOWPASS FILTER ---- 


ky, 


20 


20 


aul 


Ze 
Ce 
24 


aa 


34 
34 
37 
38 
39 





I. INTRODUCTION 


In single-sideband (SSB) communications, the carrier and 
one of the Ssidebands are suppressed. This provides two 
Gistinct advantages of single~sideband modulation as compared 
with double-sideband amplitude modulation (AM). The band- 
wilatch required for transmission of a given signal by SSB is 
one-half the bandwidth required for transmission of the same 
Seem@al Dy AR a@ea less distortion is caused by the propogating 
medium because of. the reduced bandwidth. 

The primary disadvantage of SSB is the requirement for 
Comerent demection to recover the modulating Signal exactly. 
Migec 1S, tNewrrequency and phase of the carrier must be 
Known precisely at the receiver. This is a distinct problem 
Simee iy Sob communications, the carrier is suppressed and 
net directly available at the receiver. In some communica- 
tiom systems this problem is avoided by inserting a portion 
Ope ew caereter SO that it is available at the receiver, at 
ene expense of sipnai-to-noise ratio for a fixed amount of 
transmitter power available. There is a need for a system 
which is capable of determining the frequency and phase of 
the suppressed carrier without the sacrifice made by the 
Mieemeieneer 4 Pirourcarrier at the transmitter. In voice 
C@mmuricavions, Since the human ear 1s insensitive to phase 
GHeoverulon, tne problem reduces to determination of frequency 
alone. It is desirable to tune the receiver to this fre- 


OVemey Bienout the aid of an operator. 





Reference 1 investigates a method for the determination 
OP tleweneoememey  O: the suppressed carrier. The method 
utilizes information contained in the envelope of the trans- 
Meeted Siemal., However, it requires that an operator 
observe a waveform on an oscilloscope and tune the receiver 
until a particular pattern is observed on the oscilloscope 
Pao lGetommeOueenpparent that this method can be used in 
the realization of a fully automatic system but the informa- 
wom COlcamicansm) Ghe envelope of the transmitted signal may 
be extracted by Some Svmer means to provide automatic 
Ope2wert Jon. 

MAS 're@ert Mavesvifaces an experimental system which 
utilizes the envelope of the transmitted signal along with 
the normal product detected signal to generate an error 
Sslenmalmwhnen the modulating signal is periodic. This error 
Seema8 Masea 8fe4e.Orm which can be converted to a control 
signal for fully automatic determination of the frequency of 
the suppressed carrier. 

For the transmission of speech, the experimental system 
Ceometeerca is based on the concepts that the envelope of the 
PeM@etmrored signal Contains harmonics of the fundamental 
voice frequency of the speaker and that product detection of 
Cie Grae clea signal provides information related to the 
fundamental voice frequency of the speaker and the receiver 
tuning error. A reference signal is generated by envelope 
Gdee@eccimeechnes transmitted signal and narrowband filtering to 


Obtain a single harmonic of the fundamental voice frequency 








of the speaker. The frequency of this harmonic is not 
affected by receiver tuning since it is assumed that the 
Peancneueecd sitemal ls am vne passband of the” receiver. 

mec ner signal is generated by product detecting the trans- 
mMetTted signal and narrowband filtering to obtain a signal 
whose frequency is a harmonic of the pendanentan yoice 
frequency of the speaker only if the local oscillator of the 
receiver is tuned to the frequency of the suppressed carrier. 
imeeene localvocemlleacor of the receiver is not Tuned to the 
frequency of the. suppressed carrier, the signal passed by 
the narrowband filter differs in frequency from the harmonic 
of the fundamental voice frequency of the speaker by an 
amount equal to the receiver tuning error. 

We now have two signals which together contain the 
Sescencvial inwernation for the determination of the frequency 
of the suppressed carrier. Here we elect to do nonlinear 
erocessing, in the Porm of analog HOLA MulGi pl carom. 
to extract the receiver tuning error. The envelope detector 
output and preduct detector output are multiplied and the 
result is lowpass filtered. The output of the lowpass filter 
is a sinusoidal signel whose frequency is equal to the 
PECCAVer LUNI -error:. 

A detailed analysis of the predicted performance of the 
experimental system, for a periodic modulating signal, is 
contained in Chapter II. The results obtained by examining 
the performance of the experimental system are contained in 


Mertens anGee Ot Chepter Iii. it is of interest toe 





observe the performance of the experimental system when the 
modulating signal is normal speech. Section C of Chapter 
LII contains observations of interest for this case. A 
brief description of the experimental system and the equip- 
ment utilized in the verification of its performance is 
contained in Chapter IV. Conclusions and recommendations 
for {fUmiwaem study are contained in Chapter V. Four appen- 


dices contain supporting analyses. 





ieee ls OF THE EXPERIMENTAL SYSTEM 


In this chapter we derive an expression for the error 
voltage, e(t), generated by the experimental system. We 
begin by reviewing some of the characteristics of human 
speech. . 

In general, human speech is random in nature. It is not 
pessible to write an analytic expression which precisely 
represents human speech. However, the vowel sounds in human 
peeeerrare Porteewc (Ret. 2, p. 323]% Consequently, these 


sounds can be represented by a sum of harmonically related 


sinusoidal terms of the form 


COs cnt + 2 + cos una. t. (1) 


SCOS Wee eorea 0 . 0 


ik 0 2 


where W 9 is the fundamental voice frequency and Ay r.A5o+++ 9a 
are COMsranecec. 

The fundamental voice frequency, Wo » is speaker depen- 
dent and is in the range from 90 Hertz to 250 Hertz. The 
fundamental voice frequency of an average adult male speaker 
moe about 130 HerggeiRef: 1; p. 19]. 

In the following derivation we assume a very simple, 
vowel-like sound which consists of a fundamental frequency, 
the third harmonic of the fundamental frequency and the sixth 
Per momuc Cl «tae TimeG@anental frequency. The coefficients ay> 
Az» and ag are assumed to be equal to one for simplicity. 


Thus the source signal v(t) has the form 
v(t) = cos wot + cos 3u,t + cos but. (2) 


an, 





The source signal, v(t) is the voltage waveform of the 
input to the experimental system shown in block diagram form 


as Fig. l. 


he Ge oe ee eed 
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Figure 1. BLOCK DIAGRAM OF THE EXPERIMENTAL SYSTEM 


A. SINGLE-SIDEBAND MODULATION AND DEMODULATION 

In voice communication a bandpass filter is commonly 
used to limit the frequency range of the source signal. The 
band limits are typically 300 Hertz and 3500 Hertz which are 
compatible with the response of the human ear [Ref. 3, Pp. ble 
The message function m(t) is obtained by passing the source 
smereieewG:), arouse such a filter. Since f, = Wo/em is 


lems than’ 300 Hertz, we obtain 


m(t) = cos 3w,t + cos 6wot. (3) 


piel 








a af 
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1. Modulation 
if .ene message function, m(t), is used to single-— 


Sideband modulate a carrier function c(t) of the form 
Ge = Cos wot, (4) 
it can be shown that the transmitted function is either 
mite) = (ies (wo, + 30 )t + cos Cw, + buy )t, (5) 
Pmae Uupper-sideband signal or 
Giet = cos (wu) ~ Buy )t + cos Cw, ~ buy )t, Go) 


the lower-sideband signal. 

The transmitted function is assumed to be the upper- 
eeaeband signal; r(t), throughout this report. The analysis 
of the lower-sideband signal, q(t), is similar to that which 
follows. 

e. Demodulation 

Demodulation of a single-sideband signal is aCTMre eel 
by multiplying the received signal by an appropriate detec- 
tion function and lowpass filtering. 

if we assume that the received signal is the same as 
the transmitted function, r(t), and that the detection 


PHNction d(t) is of the form 


ate) = 2 cos w.t, (7) 


d 


multiplying r(t) and d(t) and lowpass filtering we obtain 


the product detected function p(t) in the form 


ee 





p(t) = cos Cw, + 3W5 _ wt + Cos Cw, + Bw - wt. (8) 
If o, is the same as Was Eq. 8 reduces to 
p(t) = cos 3u4t + cos wot, (9) 


= 


which is the same as the message function, m(t), in Eq. 2. 
However, since Wo is not generally known precisely, there 


Mey be am error of the form 

= i ae Gale) 
and Eq. 8 becomes 

p(t) = cos (3w, -~ 6)t + cos (6, - 6)t. ‘ial 


Since Wg iS. hie TPrequency of the loceal»=oscillator inthe 
receiver and we 1Secne: frequency .o the Suppressed carrier , 
6 is the receiver tuning error. 


If we can determine 6 by some means, we can find 


Pebsotteuvineg Bq. 10 invexkq. 12 we obtain 
Ws = 4: (13) 


it We chasce tne detection aunction by retuning the receiver 


we obtain 


Ge) = 2cos a. t (14) 


13 





and Eq. 8 becomes 
Bit) = ices Bwyt + cos bw ot, (eS) 


which is the same as the message function, m(t), in Eq. 2. 
The remainder of this chapter is concerned with the 


Gemermination Of the receiver tuning error, 5. 


Be DETERMINATION OF THE RECEIVER TUNING ERROR 
It is shown in Appendix A that the envelope E(t) of 


mee UCransmitted function, r({t) in Eq. 5, has the form 
E(t) = 2 cos ——t, CEG» 


which is independent of Wo» Che suppressed carrier radian 
frequency. 

The output of the envelope detector (full-wave rectifier), 
n(t), when excited by the received signal, which is assumed 
to be the same as the transmitted function, r(t), is the 
absolute value of E(t). 

Utilizing the derivation of Appendix B, we find that 

i M r (Ea 3nw ot 
n(t) eat 37 C08 But - 77 COS wot ei es (17) 
(4n°=-1)n 

waiteh is independent of Was the frequency of the suppressed 
Carriere Wg» Wiewtreequency Of the local oscillator in 
the receiver. This resuit is fundamental to the tuning 
Mewnoad COmsidered in this investigation. That is, since 


n(t) does not depend on w we can use n(t) as a reference 


‘sles 


14 








signal to indicate the correct frequencies of the sinusoidal 
components of the message function, m(t). The single side- 
band receiver is tuned until the frequencies of the sinu-- 
Seudal components of p(t) exactly match those of n(t). 
Dpes investigation, then, is concerned with means of 
Gaevermining, wehen that match is effected. . 

After bandpass filtering p(t) in Eq. 11 and n(t) in 


me. 1/,me obtain 
p, (t) = cos (309 - &)t (18) 


and 


y 

n, (t) = 377 cos 3u ot. (19) 
The error voltage e(t) is obtained by voltage multiplying 

Nery. Dace) = eth cos (6w, - 6)t (20) 

1 al 31 31 O 

ana lowpass filtering which gives 

e(t) = = cos 6ét C2) 

Bn 


a function of the difference of the suppressed-carrier 


frequency and the receiver local-oscillator frequency. 


C. @SXTENSTOM OF THE SIMPLE VOWEL MODEL 

Based on the knowledge that vowel sounds can be repre- 
Semeed by the expression in Eq. 1 and that the envelope 
detected function, n(t), is independent of We and w,, we 


generalize the derivation of the error voltage, e(t), by 


i 





assuming that vowel sounds are sustained in normal speech 
such that the error voltage, e(t), is generated. We also 
assume that e(t) exists for a duration such that 6 can be 
Getermined. 

Since the average duration of vowel Sounds is about 
300 milliseconds in normal speech [Ref. 4, p. 121], and since 
we can expect the error voltage, e(t), to be of the sou of 
Eq. 21 while vowel sounds are present, the minimum average 
mening error that we can expect to detect is one which has 
a half-period of about 300 milliseconds. This places a 
theoretical limit of about 1.67 Hertz on the average minimum 
detectable tuning error when human speech is the source 


sajgneal, v(t). 
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ice. sHAPER IMENTAL HESsUiis 


In this chapter, the performance of the experimental 
System is presented by considering the voltage waveforms 
at various points in the experimental system. Two different 
source signals are considered when the receiver tuning error 
is 10 Hertz and when the receiver tuning error is less than 
one Hertz. The two source signals are a two-tone message 
function and the sustained vowel sound, long e as in "be." 

A block diagram of the experimental system, with the points 
labeled, is shown as Fig. 1 (Chapter II). 

In addition to the two source signals above, it is of 
interest to observe the performance of the experimental 
system when the source signal is normal speech. This is 
@ome in Section C of this chapter. 

Throughout this chapter, the upper oscilloscope trace 
of a two trace photograph is referred to as trace A and 


the lower trace is referred to as trace B. 


A. TWO-TONE MESSAGE FUNCTION 
The voltage waveforms of the message function, m(t), and 
the transmitted function, r(t), are shown in Fig. 2 as 


trace A and trace B respectively. The voltage waveforms 





Figure 2. VOLTAGE WAVEFORMS OF m(t) AND r(t) FOR 
| TWO-TONE MESSAGE FUNCTION 


dey 





of the message function, m(t), and the transmitted function, 
r(t), are unaffected by receiver tuning. 

The voltage waveforms of the product detected mac tl ON , 
p(t), and the envelope detected function, n(t), are shown 


in Fig. 3 as trace A and trace B respectively. 








Be SE Se 


(a) 10 Hert 





Zeer oR 
Figure 3. VOLTAGE WAVEFORMS OF p(t) AND n(t) FOR 
TWO-TONE MESSAGE FUNCTION 

Me observe Bhat the period of p(t) (trace A) is slightly 
greater in Fig. 3(a) than in Fig. 3(b) which indicates that 
the sinusoidal terms are of different frequencies. We 
observe also that the period of m(t) (trace A of Fig. 2) 
is very nearly the same as the period of p(t) (trace A of 
Fig. 3(b)) when tuning error is small. 

From the voltage waveforms of n(t), we observe that 
the period of n(t) is unaffected by receiver tuning error. 
The difference between the voltage waveform of n(t) and the 
envelope of the transmitted function, r(t), (trace B of 
Fig. 2) is attributed to the fact that the envelope detector 
is not designed to follow the envelope of an SSB signal. 

The voltage waveforms of p, (t) and n,(t), the CuLputsson 
the narrowband filters of Fig. 1, are shown in Fig. 4(a) and 


4(b) respectively. We observe in Fig. 4(a) that the frequency 


18 








(a) 10 Hertz Error (b) 022° Hertz Grror 
Figure 4. VOLTAGE WAVEFORMS OF p.(t) AND n.(t) 
FOR TWO-TONE MESSAGE FUNCTION 1 
of p, (t) is different from the frequency of n,(t) while in 
Fig. 4(b) the frequencies are very nearly the same. Using 
a frequency counter, the frequency difference observed in 
Fig. 4(a) is found to be 10 Hertz, which is the same as 
the receiver tuning error. 
The voltage waveform of the error voltage, e(t), is 


shown as Fig. 5. We observe that e(t) is sinusoidal and 





(a) 10 Hertz Error (ob) 0.2 Hertz Error 


Figure 5. VOLTAGE WAVEFORM OF e(t) FOR 
TWO-TONE MESSAGE FUNCTION 


and that the frequency of e(t) is equal to the receiver 


tuning error. 


Therefore, for the two-tone message function, we observe 


that the experimental system performs as predicted. Using 


ius 





the experimental system with the two-tone message function, 
tuning errors as small as 0.1 Hertz are measured. This 
ability to measure small tuning errors suggests use of the 
system to determine frequency changes, such as doppler 


gladit, which occur during transmission. 


B. SUSTAINED VOWEL SOUND 

For the sustained vowel sound long e as in "be," the 
voltage waveforms of the message function, m(t), and the 
transmitted function, r(t), are shown in Fig. 6 as trace A 


and trace B respectively. As with the two-tone message 





Figure 6. VOLTAGE WAVEFORMS OF m(t) AND r(t) 
FOR SUSTAINED VOWEL SOUND 
function, these waveforms are unaffected by receiver tuning. 
The voltage waveforms of the product detected function, 
p(t), and the envelope detected function, n(t), are shown 


i” Pip. 7 a@s trace A and trace B respectively. 





(a) 10 Hertz Error (b) 0.5 Hertz Error 


Figure 7. VOLTAGE WAVEFORMS OF p(t) AND mot) 
FOR SUSTAINED VOWEL SOUND 
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We observe that the period of p(t) (trace A) is greater 
Mie. ((a) than in Fig. 7(b) which indicates that the 
Sinusoidal terms are of different frequencies. We observe 
also that the period of m(t) (trace A of Fig. 6) is very 
nearly the same as the period of p(t) in the case of small 
tanec error (trace Ao of Fig. 7(b)). 

The period of n(t) is observed to be unaffected by 
receiver tuning. The distortion of n(t) when compared with 
the envelope of r(t) (trace B of Fig. 6) is again attributed 
to the design of the envelope detector. 

The voltage waveforms of p, (t) and n,(t), the outputs 
of the narrowband filters of Fig. 1, are shown in Fig. 8 


as trace A and trace B respectively. The frequency of 





(a). PORierts frror go OR Se A ot 
Figure 8. VOLTAGE WAVEFORMS OF p, (t) and n,(t) FOR 
SUSTAINED VOWEL SOUND 
p,(t) in Fig. 8(a) is observed to differ from the frequency, 
of n, (t) in Pig. 8(a) by 10 Hertz, the receiver tuning 
error, while the frequency of p,(t) and n, (t) are very 
nearly the same in Fig. 8(b). 
The voltage waveform of the error voltage, e(t), is 


shown as Fig. 9. We observe that e(t) is sinusoidal and 


ol 








Some sues 





(BOs) Herve. Er ner 


Figure 9. VOLTAGE WAVEFORM OF e(t) FOR 
SUSTAINED VOWEL SOUND 


that the frequency of e(t) is equal to the receiver tuning 
error. Therefore, for the sustained vowel sound, we observe 
that the experimental system performs as predicted. Using 
the experimental system with the sustained vowel sound, 


tuning errors as small as 0.4 Hertz are measured. 


GC. “SPEECH 

In this section we observe the performance of the exper- 
imental system when the source signal is human speech. The 
error voltage is not sinusoidal since the modulating voltage 
is not periodic. However, it is observed that the reference 
signal n, (t) is sinusoidal and its frequency is a harmonic 
of the fundamental voice frequency of the speaker. Figure 
10 is the voltage waveform of n, (t) when the modulating 


signal is speech. 


DA 
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Figure 10. VOLTAGE WAVEFORM OF n, (t) FOR SPEECH 


ce 








POrewevel SOUnNdS, 1051S ObSeCrvVed tUhav ine magnitude of 
the envelope of n, (t) increases. Further, this envelope 
is approximately constant for the duration of the vowel 


sound. 
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IV. EXPERIMENTAL APPARATUS 


Ms Chapver describes the error signal generator and 
the equipment used to verify the performance of the 


experimental system. 


P. eee. ERROR SIGNAL GENERATOR 
me Crmor Signal generator consists of two identical 
bandpass filters, an analog voltage multiplier and a lowpass 


foecver c@mnected as .shown in Fig, ll. 


Prat, TAe 


RANDPASS  VOLIGE 


PRODUCT = 
DETECTCR PILED MULTIPLIER 

— a” BAMDPASS Logracs.. J ERROR 
BMVELCPE C q VOLTAGE 
DETECTOR FILTER FILTER : 





Poeure 11. BLOCK DIAGRAM'OF THE ERROR SIGNAL 
GENERATOR 


1. The Bandvass Filters 
The bandpass filters are six pole elliptical filters 


with a center frequency of 350 Hertz and a bandwidth 100 


Qu 








Hertz. Since the operating frequencies of the filters are 
relatively low, the filters are realized as active filters 
to avoid the use of large inductors normally associated 
with low-frequency filters. The operational amplifiers used 
in the realization of the filters are Signetics N5558 Dual 
Operational Amplifiers [Ref. 5, p. 65]. The synthesis of 
the bandpass filters is described in Appendix C. 
me eee. Ol vagenhuUltiplier 
ihe voltage multiplier is a Hybrid Systems Corpora-— 
tion Model 107C analog multiplier/divider which requires no 
external components [Ref. 6]. The divide and square-root 
fieestons Of the 1O07C are not used in this application. 
3. The Lowvass Filter 
The lowpass filter is a fith-order Butterworth 
lowpass filter. A cut-off frequency of 30 Hertz is selected 
Simec it 1S assumed that the receiver is tuned to within 
BeePeerLze Of The Carrier frequency prior to the utilization 
of the error signal generator. The synthesis of the lowpass 


filter is described in Appendix D. 


B. THE SINGLE-SIDEBAND MODULATOR 

The single-sicdeband modulator is a T-827/URT radio 
Cramemitter, which is the transmitter of the Radio Set 
AN/WRC-1B, operated in the upper-sideband mode. It has an 
operating range of 2.0 to 29.9995 megahertz and employs 
Gwestel tuming to automatically tune to any one of 290,000 


channels in 100 Hertz steps. The frequency generation 


eee 





circuits are referenced to a stable master oscillator 


with a stability better than 1 part in 10° ber day i Rewsmey i. 


Co PhiePRODUCT DETECTOR 

The product detector is an R-1051B/URR radio receiver 
which is operated in the upper-sideband mode. It has an 
operating range of 2.0 to 30.0 megahertz and employs 
digital tuning to automatically tune to any one of 280,000 
@mennels in 100 Hertz steps. Like the single-sideband 
meduilator, the product Geteerorunao wm requency sceneratamc 
Carga Ge Whaem are reteérenced Co a stable master oscillator 
Mien 2 Sstavility better than 1 part in 10° per day. Optional 
Wemnicrm Puning is provided for continuous tuning over a 
1.0 kilohertz range [Ref. 7]. | 

Miede Verater tuning mode, the Receiver Ivequeney my 
be calculated to within one Hertz by measuring the frequency 
of the vernier oscillator. By modifying the vernier eDuawliayes 
circuit as shown in Appendix A of Ref. 1, the receiver 
frequency may be calculated to within Oe 35 theme Zc Uhens 
allows determination of the receiver PEWS error to iid elise 
0.33 Hertz. Smaller errors are measured by observing the 


error voltage e(t) trace on the oscilloscope face. 


D. THE ENVELOPE DETECTOR 
The envelope detector is another R-1051B/URR radio 


receiver. Since the time constants of the diode detecte. 
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in the R-1051B/URR are not designed to follow the envelope 


Om a single-sideband signal, some distortion is introduced. 


E. OTHER EQUIPMENT 

ie. Osetilosceope Sa general purpose laboratory oscil- 
loscope (Tektronix 531A). Single-sweep triggering is 
achieved by applying a short duration pulse to the external 
sweep-triggering input to obtain photographs. 

Two signal generators (Wavetex 142) are used to generate 
the two-tone message function by summing the output of each 
signal generator with the operational amplifier mixer shown 


Gs Bic. le. 


Figure 12. THE TWO-TONE GENERATOR 





V. CONCLUSIONS AND RECOMMENDATIONS 


ime CONCLUSIONS 

We have shown that a single-sideband modulated signal 
eontains all of the necessary information for determining 
the frequency of the suppressed carrier when ete modulating 
Signal is periodic. The experimental system has been demon- 
Steraved to be capable of extracting the receiver tuning 
error by nonlinear processing of the single-sideband modu- 
lated signal. Errors as small as 0.1 Hertz were measured. 

Mne resuits of this investigation lead to the following 
Come Lusions : 

(1) Since the output of the experimental system is 
Semmcece@al for a periodic modulating signal, it can be used 
to automatically tune the receiver to the frequency of the 
Suppressed carrier by frequency detecting, level adjusting 
em apprying the resultant d.c. level to a voltage controlled 
@eeililagor in the receiver. 

(2) The detectable frequency error is inversely propor- 
tional to the duration of the periodic modulating signal. 

(3) Given a means to gate the two demodulated signals 
io the error signal generator whenever vowel sounds are 
present, the experimental system might be used to auto- 
matically tune the receiver when the modulating signal is 
mermm@el speech. The detectable frequency error then becomes 


iimted by the duration of the vowel sounds. 
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B. RECOMMENDATIONS FOR FURTHER STUDY 

This investigation was limited to one form of nonlinear 
processing of the single-sideband modulated signal. Linear 
processing may be used to better advantage to automatically 
meme Une SSB receiver. 

mrorcOop1cs of interest which require Renee investiga- 
tion are suggested below. 

(1) It is observed that the envelope detected signal is 
Geescvoerved due to the design of the demodulator. It is 
suggested that an. amplitude demodulator can be designed 
which will follow accurately the envelope of the SSB signal. 

(2) It is observed that the outputs of the narrowband 
filters are amplitude modulated when the modulating signal 
ts normal speech. It is suggested that hard limiting of 
these outputs might result in improved performance of the 


experimental system with speech as the modulating signal. 


eg 








APPENDIX A 


DER. TION OF THE EXPRESSION 
POR tne civecors OF THE TRANSMITTED PUNCTION 


Beginning with the expression for the transmitted 


function 


mic) = cos (uw +3u)t + cos (w t6u,)t ? 


we form the Hilbert transform 


r(t) = sin (wi +3u,)t + Sant (uw tOu_)t - 


(Al) 


(A2) 


As shown in Ref. 3, the envelope E(t) of a function r(t) is 


E(t) = (re(t) + r@(t)]*/? 


We find that 


2 7 2 Pa 
rm (t) = cos (wit3u9)t + Cos (wi t6wo)t 
+ 2 cos (w +3u9)t cos (w+6w,)t 
and 
r 5 efee (w +3u,)t + Ose + Oe) 
Cc Q Cc Q 


+ 2 sin (w t3wg)t Sin (wi t6u,)t 


Taking the sum of Equations (A4) and (A5) and using 


@erconomebric substitution, we find 


r“(t) t r“(t) = 2 lo+ eos But) 
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(A3) 


(A4) 


(A5) 


(A6) 





Mere her trigonometric substitution yields 


3W6 
E(t) = 2 cos oe oe (A7) 





the envelope of the transmitted function r(t). 
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Ree ENDIX- B 


DETER PNATION OF THE ABSOLUTE VALUE OF cos x 


The function, |cos x], can be written as the product of 
cos x and an appropriate square wave. Using the Fourier 
cosine series expansion for a square wave of amplitude of 


pees One Or minus one and period of e217, we can write 


(0 4 eos 2nx 


5 (B1) 
il CA = 1) 


lecos x| = 
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APPENDIX C 


SINTHESIS OF “THE BANDPASS FILTERS 


We want to synthesize two, identical bandpass filters 
Wath the following characteristics: (1) center frequency of 
Soeemeres, (2) bandwidth of 100 Hertz: (3) transmission 
zeros at zero Hertz, 245 Hertz, 455 Hertz and 700 Hertz; and 
(4) stopband attenuation at least 40 db below that of the 
Paesband. 

Utilizing the IBM 360/67 Scientific Library Subroutine 
Powe oix pole pane oicenl filter wake hehe sy Granster 
fume tion | 


s.(s_* + 4.0) (s.* rn 49) (8° BG) 


HG) ———io a. Timi (atten cc re eee 
S eS Se pe ls Gs TA) (Ss. es OEY cs 1.3) 


(Ci) 


where s. = s/w and wu = 27(350), is found to meet all the 
eesiga criteria. 
Mo realize the filters, we first look at the four 


Taegbers Of Bq. Cl. Three of them have the form 


(C2) 


for n = 2,3 and 4. The other factor H, (s) has the form 


Hy(s) =- = . (C3) 
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The transfer function H, (s) is ObSeErved so be the 
transfer function of the differentiator circuit shown as 


Pigs Cl, where RC = 1/o. 


ieewre Cl. CIRCULT DIAGRAM OF SECTION ONE OF THE 
BANDPASS FILTER 


H(s) is in the biquadratic form. The circuit diagram 


ow a eiagvadravic section is shown in Fig. C2. 


Ry Rs 
> Viet C, C2 
R, Rs Rg 
ae : 
R4 ° 
J Vp ro 
Ra Vour 
Re 
Ve Ry 
¥.~ 


Figure C2. CIRCUIT DIAGRAM OF THE BIQUADRATIC SECTION 
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By observation, 





V V 
li IN OUT 
V, = - = (= + ioe (ch) 
A SC, Ry Ro 
V V 
di A C - 
Vo = - =o (s+ =) , Ces) 
B sC,, Ry Ry 
R 
Vo eS R¢ Vour 9 (C6) 
and 
V V 
a IN B 
Your ~ ~ Fo 7 = R (C7) 


Solving Ba. C4, C5, C6 and C7 simultaneously, we obtain 


, 
Vour —_ “2 C,CoR RoR (C8) 
V J Reon R : 
IN ee cer 9 
CoRy Ree C CoRaRgRe 


If we let R2=Ry=Ro=R~=Rg=Ro=R and C,=C,=C, Eq. C8 reduces to 


Vv a. + — 
ee es (09) 
ei R-C* eee RCs + ou 
Re nG 


) 








Now if RC = 1/w, a° = R/R,, b = R/Re and c° = R/Ro, 


then 


V (3° + ac 
Sy a : 
i) + biG a 


Therefore, H(s) is realized by the circuit shown as Fig. C2 
with the component values properly selected. 

We can now realize H(s) by cascading the four sections 
which we realized.individually. Since we utilized operational 
amplifiers as the basic building blocks in the synthesis, we 
do not encounter impedance matching problems normally associ- 
ated with cascade filter sections because the output imped- 
ances of the operational amplifiers are near zero ohms and 
tre input impedances are on the order of kilohms. 

Breere C3 %%s the phot of the@magnitude of the frequency 
response of the synthesized filter. The vertical displace- 
ment is measured in decibels and the horizontal displacement 


mw Hertz. 
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[H(f)! (db) 


Ao 


30 


} 4150 300 
sine Goo 750 


Figure MAGN J 
g. C3. MAGNITUDE PLOT OF H(f) FOR THE BANDPASS FILTER 
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APPENDIX D 


Seileboels Ob THE LOWPASS PILTER 


We want to synthesize a lowpass filter with the 
following characteristics: (1) cut-off frequency of 30 
Hertz; and (2) 100 db per decade attenuation of frequencies 
greater than cut-off. 

Such a filter is found to be a fifth-order Butterworth 
filter rRer. 8, p. 26]. Using the tabulated values for the 
capacitances [Ref. 8, p. 125], and frequency scaling to 


provide the proper cut-off frequency, we obtain the transfer 


hounction 
__———————————— 
Ss = O.7@es + 47.124s- + V4 3a7es~ + 262.116s + 243.0 


(D1) 


Mae realization of H(s) is shown in Pig. Dil. 
R 
R C; 
R R R R 
6 @ 
C 
e, ra CA 
Pigwee 01. CIRCUIT DIAGRAM OF THE LOWPASS FILTER 


38 





ReeiresDe is the plot of the magnitude of the frequency 
fPesmemse of the synthesized filter. The vertical displace- 
ment is measured in decibels and the horizontal displacement 


im Hesetz. 


JH(f)| (db) 


f (Hertz ) 





Figure D2. MAGNITUDE PLOT OF H(f) FOR THE LOWPASS FILTER 
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